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This work proposes an adaptive unequal error protection (UEP) and packet size assignment scheme for scalable video transmission
over a burst-error channel. An analytic model is developed to evaluate the impact of channel bit error rate on the quality of
streaming scalable video. A video transmission scheme, which combines the adaptive assignment of packet size with unequal error
protection to increase the end-to-end video quality, is proposed. Several distinct scalable video transmission schemes over burst-
error channel have been compared, and the simulation results reveal that the proposed transmission schemes can react to varying
channel conditions with less and smoother quality degradation.
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1. INTRODUCTION
Bit errors and packet losses are common throughout the
wired/wireless Internet. They severely influence the quality of
delay-sensitive multimedia applications. In the current Inter-
net architecture, the application must react to the perceived
congestion in the network. The availability of simple and eﬃ-
cient loss models enhances the ability of applications to react.
A number of studies have shown that loss patterns exhibit a
finite dependence in time [1, 2]. The most generalized model
of quasistationary phenomena is a finite-state Markov chain.
A two-state Markov model or Gilbert model [3, 4] is of-
ten used to simulate burst loss patterns over a wired/wireless
channel [5–7] because it is simple and eﬀective.
Many authors have proposed scalable video coders for In-
ternet applications [8–11]. Of these, the fine granular scal-
ability (FGS) [11, 12] of MPEG-4 is a highly flexible cod-
ing technique that can deliver layered video data with precise
rate control. The characteristics of FGS are considered to be
advantages in error-prone heterogeneous transmission en-
vironments, such as mobile video-on-demand systems. The
idea of combining scalable coding with unequal error protec-
tion (UEP) has already been proven to result in transmission
schemes that exhibit graceful degradation [13–18]. Several
adaptive UEP assignment schemes over distinct transmis-
sion conditions have been described [13–18]; however, the
inherent tradeoﬀ between the selection of packet size and the
consequent packet error rate (PER) on a multiaccess channel
has not been mentioned. For wireless links, the dominant er-
ror mechanism is bit error. A larger packet corresponds to
higher probabilities of unrecoverable bit errors and packet
loss. However, a smaller packet has a higher header over-
head. In the context of streaming video, a lossy channel ex-
acerbates the problem if the packet size is not adaptive. The
authors of [19] sought to find optimal bit allocation in FEC-
based video, but they only considered Internet video with-
out wireless video (bit error). In [20], a dynamic packet size
mechanism in wireless networks was proposed, but the prob-
lems associated with burst-error channel and the adaptation
of video quality have not been addressed.
This work investigates a video transmission scheme,
which combines a scalable video coder with unequal error
protection (UEP) and adaptive packet size (APS) assignment,
to cope with the sometimes rapidly varying transmission
conditions over wired or wireless Internet connections. The
approach does not require any support from the network. It
can be employed in any packet-oriented network.
This paper is organized as follows. Section 2 introduces
the burst-error channel model; several functions have been
derived to calculate the packet error rate from bit er-
ror rate. Section 3 describes how the hierarchically en-
coded video stream is packetized; protected by unequal er-
ror protection, and transmitted to the receiver. The com-
plete analytical model in a scalable video stream is formu-
lated. Section 4 presents the adaptive assignment algorithms
for scalable video transmission over a burst-error channel.
Section 5 evaluates the performance of distinct scalable video
transmission schemes over a burst-error channel. Finally,
Section 6 draws conclusions.
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Figure 1: Gilbert channel model.
2. CHANNEL MODEL
A two-state Markov model or a Gilbert model is used to sim-
ulate burst loss patterns over a wired/wireless channel. The
two states of the model are denoted by G and B (Figure 1). In
state G, a bit is received correctly, while in state B, a bit is lost.
This model is described by an average bit error rate Pb and an
average burst bit error length Lb. The transition probabilities




Pgb = Pbg Pb1− Pb . (2)
Packet loss patterns can be determined using the packet
error rate PB (PER) and average burst packet loss length LB,





















τ denotes packet length in bits.
Figure 2 shows the relationships among PB (PER), Pb
(BER), and Lb. In Figure 2(a), at Pb = 10−3, PB decreases
as Lb increases, and a shorter packet corresponds to a smaller
PB. Figure 2(b) shows that PB increases following the rise of
Pb in a specific burst state (such as Lb = 70).
Figure 3 presents the relationship between PB (PER) and
packet size. In Figure 3, at Lb = 20, PB increases with packet
length, and a smaller Pb (BER) corresponds to a smaller PB.
3. PACKETIZATION SCHEME
The packetization scheme employed herein shows how the
hierarchically encoded video stream is packetized, protected
by unequal error protection, and transmitted to the receiver.
As illustrated in Figure 4, bit streams of all layers are inter-
leaved into one block of packets (BOP), and the transmitted
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Gilbert channel model (Lb = 70)
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Figure 2: Relationships among PB (PER), Pb (BER), and Lb.
length ri in layer i (i = 0 ∼ l, where layer 0 is the base layer)
are grouped into ki packets (column width = si), and the
remaining n − ki packets (n = number of packets) in the
BOP are filled with channel coding redundancy. Therefore, ki
specifies the protective level of layer i. sh represents the length
of the packet header. The BOP buﬀer size r is assumed to be
fixed to satisfy the buﬀer and delay constraints for real-time
communication. If the number of packets n is known, then
the packet size s = r/n in Figure 4 is also known. Now, the




























Gilbert channel model (Lb = 20)
Figure 3: Relationship between PB (PER) and packet size.
first FEC assignment constraint obtained from the BOP data
structure in Figure 4 is
s = sh +
l∑
i=0






The video data are assumed to be transmitted with con-
stant bit rate, and each group of pictures (GOP) can be
packed into a fixed number of BOPs. In this work, 1 GOB =
1 BOP. The dependency of data across stream layers is such
that occasional error propagation can greatly reduce the
quality of reception. Therefore, the intrinsic importance pri-
ority of the layered or scalable video data explicitly requires
an unequal error protection scheme, yielding another restric-
tion for FEC assignment:
0 ≤ k0 ≤ k1 ≤ · · · ≤ kl ≤ n. (8)
Packet loss over a Gilbert channel can be modeled as a re-
newal error process [4]. Restated, the lengths of consecutive
intererror intervals (also called gaps) are independently and
identically distributed. Following [4], let g(i) be the proba-
bility that the gap length is i− 1, g(i) = Pr(0i−11 | 1), where
“1” represents a lost packet and 0i−1 denotes i − 1 consecu-
tively received packets. Similarly, let G(i) be the probability
that a gap length exceeds i − 1 : G(i) = Pr(0i−1 | 1). Then
the probability R(m,n) that m− 1 packet losses occur in the





G(n), m = 1,
n−m+1∑
i=1
g(i)R(m− 1,n− i), 2 ≤ m ≤ n.
(9)
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Figure 4: Data structure of BOP (block of packets).
Finally the probability ofm lost packets within a block of










P(m,n), m = 0.
(10)
PB in (10) is the average packet loss rate of a Gilbert
model.
Combining the BOP data structure with the Gilbert
model, renewal error process yields the following complete
analytical model of the expected received quality of a BOP































k−1 = 0, kl+1 = n + 1,
(11)
where
(i) η: expected received quality for a BOP;
(ii) χi: incremented quality that layer i is received correctly;
(iii) φi j : residual quality associated with the correct recep-
tion of the first j − 1 packets of layer i;
(iv) ρj : probability that the first error occurs in packet j.
For real-time processing or embedded system environ-
ment, an eﬃcient version of the analytical model, which ig-
nores the partially reconstructed quality term in (12), is given
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(a) Good channel condition









(b) Bad channel condition
Figure 5: BOP structure for AUEP+FPS.
4. ADAPTIVE ASSIGNMENT SCHEME
This section elucidates the adaptive assignment algorithms
for scalable video transmission over burst-error channels.
UEP and packet size are initially set by one of four methods:
(1) FUEP (fixed UEP)+FPS (fixed packet size),
(2) AUEP (adaptive UEP)+FPS,
(3) FUEP + APS (adaptive packet size),
(4) AUEP + APS.
AUEP + FPS
Figure 5 shows the BOP structure for AUEP+FPS. Forward
error correction (FEC) protection is adaptive but the packet
size and the number of packets are fixed. When the channel
condition is poor, it typically requires an increasing FEC pro-
tection ratio (Figure 5(b)). However, determining howmuch
FEC protection should be added is an optimization problem.









(a) Good channel condition









(b) Bad channel condition
Figure 6: BOP structure for FUEP + APS.
The adaptive UEP assignment problem can be solved by
determining the argument K that maximizes the received







where K = (k0, k1, k2, . . . , kl)t.
In (13), the expected quality η is explicitly expressed as
the function of K . In solving (13), the previously described
constraints (7) and (8) must be applied. Rearranging (8)
yields the rate of layer l, rl = kl(s − sh −
∑l−1
i=0(ri/ki)), and rl
determines the value of χl. The dynamic programming tech-
nique is used to search for the global maximum of quality η
in (13).
Therefore, when a BOP is transmitted, first the packet
size s (FPS) is determined and PB is dynamically derived from
(3) with a varying channel condition (Pb,Lb). Then, the FEC
protection ratio for each layer in a BOP can be determined
from (13).
FUEP + APS
Figure 6 presents the variation in the BOP structure under
various channel conditions for FUEP + APS. The FEC pro-
tection ratio is fixed and the packet size is adaptive. A smaller
packet size is typically required to reduce PER when the
channel condition becomes bad (Figure 6(b)), but increasing
the number of packets increases the header overheads.
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(a) Good channel condition









(b) Bad channel condition
Figure 7: BOP structure for AUEP + APS.
The adaptive packet size assignment problem is to find n








After n is found, the adaptive packet size can be deter-
mined, since s = r/n, where r is the BOP buﬀer size. Each
adaptive packet size herein was derived and applied for each
BOP unit. The packet size was constrained to satisfy s ≤ 1500
bytes because of the MTU (maximum transmission unit).
AUEP + APS
The AUEP and APS together yield the variation of the BOP
structure under diﬀerent channel conditions in Figure 7.
Packet size and FEC protection ratio must be concerned si-







In solving (15), the aforementioned constraints equa-
tions (7) and (8) must be observed.
5. SIMULATION RESULTS
This section demonstrates the performance evaluation of
distinct scalable video transmission schemes over the burst-
error channel discussed above. The common test conditions
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Figure 8: Comparison of the analytical and the simulated PSNR
values obtained using the AUEP + APS scheme.
(i) Frame resolution = CIF format − 352× 288 pixels.
(ii) Constant stream rate = 256Kbps.
(iii) 1 GOP = 1 intraframe accompanied with 14 inter-
frames, and frame rate = 15 fps.
(iv) Sequence length = 9 GOPs.
(v) MPEG-4 FGS method is adopted to generate scalable
video streams. Each MPEG-4 FGS video stream com-
prises one base layer and one enhancement layer.
(vi) Packet header length: 40 bytes (IP/UDP/RTP).
Figure 8 compares the analytical and simulated PSNR
values obtained using the AUEP + APS scheme (15) at var-
ious bit error rates Pb. In this example, the test video se-
quence is “silent,” and the burst bit error lengths Lb for the
three curves are 20, 40, and 80, respectively. As presented in
Figure 8, the simulation results are very close to the analytical
results, confirming the correctness of (15).
AUEP + FPS
Initially, the AUEP+FPS scheme is being considered. The
performance of the EEP (equal error protection) scheme, the
nonadaptive UEP scheme, and the proposed adaptive UEP
scheme under various channel conditions with FPS is com-
pared.
Figure 9 compares the performance of the AUEP scheme
with some other fixed error protection schemes, using the
test sequences “Foreman” and “News”; the channel-related
parameters are s = 600 bytes, Lb = 20, and Pb = 0 ∼ 10−3.
The actions of various error protection schemes are identi-
fied clearly under various channel conditions, using not only
the proposed AUEP scheme but three other typical fixed er-
ror protection schemes (FUEP)—(1) protecting base layer
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News (Lb = 20 , s = 600)
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News (Lb = 20 , s = 600)
(b) FUEP schemes with high protection ratios
Figure 9: Comparison of performance of proposed adaptive UEP scheme (AUEP) and three other fixed error protection schemes (FUEP)
with (a) low protection ratios and (b) high protection ratios.
only with fixed protection overhead; (2) protecting all lay-
ers with fixed and equal protection overheads; (3) protecting
all layers with fixed but unequal protection overheads.
More specifically, the fixed protection ratios for FUEP
are classified as low (Figure 9(a)) or high (Figure 9(b)). The
percentages in parentheses in the legends in Figure 9 sep-
arately represent the protection ratios for the base layer
(left) and the enhancement layer (right). Figure 9 shows that
only AUEP can eﬀectively adapt to the channel conditions
and react to the poorer conditions with smoother quality
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Container (Lb = 80 , FUEP)
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Container (Lb = 80 , FUEP)
(b) High FUEP (75%, 50%)
Figure 10: Comparison of performance of proposed adaptive packet size scheme and three other fixed packet size schemes at (a) low
protection ratios and (b) high protection ratios.
degradation. In contrast, regardless of the allocation of the
protection overhead, the other three nonadaptive schemes
(FUEP) will be associated with either too little protection
under bad channel conditions or too much protection un-
der good channel conditions. The outcome is severe quality
degradation.
FUEP + APS
Then, the performance of several FPS schemes and the pro-
posed APS scheme under various channel conditions with
FUEP is compared. Figure 10 compares the performance of
the proposed APS scheme with some other FPS schemes,
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Silent (Lb = 20)
Figure 11: Comparison of performance of four proposed assignment schemes. The fixed parameters are FUEP (40%, 20%) and FPS (800
bytes).
using the test sequences “News” and “Container.” The chan-
nel parameters are Lb = 80 and Pb = 0 ∼ 10−2. The adap-
tive UEP schemewas not considered herein. For convenience,
fixed 200 bytes are labeled FPS200, and so on. Specifically,
the fixed protection ratios are classified into two levels—
low protection ratio (Figure 10(a)) or high protection ratio
(Figure 10(b)).
Figure 10 reveals that the length of the packet influences
the quality of the received video, and the proposed APS
scheme eﬀectively adapts to the various channel conditions.
In contrast, regardless of the selected length of the packet, the
other three nonadaptive schemes (FPS200/FPS700/FPS1200)
yield packets that are either too large with high PB under bad
channel conditions or too small with a large header overhead
under good channel conditions.
AUEP + APS
Figure 11 displays the evaluated performance of the four
UEP and packet size assignment schemes over a burst-error
channel. The test sequences are “News” and “Silent”; the
channel parameters are Lb = 20 and Pb = 0 ∼ 10−3. The
fixed parameters are FUEP (40%, 20%) and FPS (800 bytes).
Figure 11 shows that the three adaptive schemes always out-
perform the fixed scheme under any channel condition. The
protection of FUEP (FEC overhead) is too strong under low
BER conditions and the packet size obtained using FPS is
too small and the header overhead is high under high BER
conditions. Comparing the performance of the proposed ap-
proaches shows that the AUEP + APS scheme outperforms
all the others.
6. CONCLUSIONS
This work develops an analytic model of the eﬀect of the
channel bit error rate on the packet error rate, which in turn
aﬀects the quality of the streaming video, to increase the
end-to-end video quality over the burst-error channel. This
work proposes AUEP+FPS, FUEP + APS, and AUEP + APS
assignment schemes for scalable video transmission over a
burst-error channel. For a given total available bandwidth,
content-adaptive plus channel-adaptive assignment of packet
size and UEP is achieved simultaneously. Simulation results
reveal that the proposedmethods can eﬀectively adapt to var-
ious channels and react to the poor channel conditions, with
a smaller and smoother drop in quality. The approach pro-
posed herein does not require any support from the network,
and so can be employed in any packet-oriented network.
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